I. Introduction
In orthogonal frequency division multiplexing (OFDM) systems, the time-varying multipath channels give rise to a loss of subcarrier orthogonality, resulting in intercarrier interference (ICI). Estimating such channels is a big challenge and efforts to meet this challenge are usually based on training methods. Among them, a common approach is to frequency-multiplex training pilots with data symbols [1] . Since pilots will be ICI corrupted, too many pilots have to be inserted to attain an accurate channel estimate, leading to poor bandwidth efficiency.
Channel estimation with superimposed training has been proposed recently for its potential bandwidth efficiency. For time-varying fast flat-fading scenarios, a Kalman channel tracking approach with superimposed training was developed in [2] , and an algorithm based on selective superimposed sequences was proposed in [3] . With the block-fading channel assumption, a superimposed training scheme was presented in [4] using the first order statistics of the data. A data-dependent superimposed sequence was derived in [5] for single-carrier transmissions. The above methods are no longer feasible for the channel assumed in this letter, wherein the multipath channel is time-varying during one OFDM symbol period. To find a feasible alternative is the motivation of our investigation.
In this letter, a novel time-domain channel estimation scheme for time-varying multipath channels is developed by using superimposed sequences. The idea behind this scheme is to split the one-OFDM-symbol-period time-domain channel into equi-spaced time-slotted subchannels, so that the timevariation for each subchannel can be assumed to be negligible; then, each subchannel is estimated by a linear least square (LS) estimator. For the cyclic-prefix (CP) OFDM system, optimal training sequences are proposed with respect to minimizing the trace of the channel estimates' mean square error (MSE) matrix. In addition, if the Doppler spread and channel power are already known, an approximated channel estimation scheme is derived by reduced rank technique.
II. Signal Model
OFDM converts serial data streams into parallel blocks of size K and modulates these blocks using inverse fast Fourier transform (IFFT). Time domain samples can be obtained as
where 
In this letter, we assume that d(k) is zero mean, while .
(The expectation function is denoted by E{·}.) With the relationship in (1), s(n) is random and has the same distribution as d(k). We define the average powers of c(n) and x(n) as ρ c and ρ , respectively, which have the following relations:
where α is the power allocation fraction.
Let us form a vector .
(In this letter, superscripts T, *, H denote transpose, conjugate, and Hermitian, respectively). Before transmission of x, a CP (a replica of the last L elements of x) is inserted to eliminate intersymbol interference. Here, L denotes the number of discrete paths in a multipath channel. The received signal can be observed at the receiver as
where h(l, n) represents the channel impulse response for the l-th path at time n with the channel power σ . In this letter, we assume that the multipath channel is modeled as wide sense stationary uncorrelated scattering (WSSUS) and Rayleigh fading. Let us
Following from a Jakes Doppler profile [9] , the cross-correlation matrix of h(n) can be expressed as
where ∆ is the diagonal process denoted by
represents the zero order Bessel function of the first kind, f d denotes the maximum Doppler spread, and T s is the sampling period (appropriately chosen and equal to the symbol period). If we define
where .
We note that thanks to the CP, it
III. Channel Estimation 1. LS Channel Estimator
Although the channel cannot be assumed to be constant for one OFDM symbol period, it may allow us to assume that the time-variation is negligible for a smaller time period. In this letter, we split K time intervals into G equi-spaced slots of M periods (K=MG) so that the time-variation of h(n) is negligible within one slot. The time index can be expressed as n=gM+m
; thus, we may define a subchannel for the g-th time slot as
Collecting the received signals within one slot to form a vector
where g Φ and g υ are obtained from the corresponding stack of ) (n φ and ), (n υ respectively. A linear LS channel estimate of h g can be obtained as
The MSE matrix is defined as the auto-correlation matrix of the channel estimate error ,
Proposed Training Sequences
Optimal training sequences are designed with respect to minimizing the trace of , 
The index n can be further expressed by indices g, p, and q as n=gM+qP+p. 
Remark: It is noted that G, P, and Q must be chosen properly to be integers, that is, with power of 2 (K is power of 2). Keeping in mind that , 1 + ≥ L P we generally select P as In addition, our optimal design is necessarily based on a CP transmission (see section II).
Low-Rank Approximations
Low-rank approximated channel estimation is obtained by using the singular value decomposition (SVD). With the advantage of low complexity, the low rank approximated technique has been employed for channel frequency response estimation [6] and interference cancellation [7] .
Let us define
A linear minimum mean square error (MMSE) channel estimate of H can be obtained as
where
can be deduced from (6) as
where J is a G×G matrix with the (g, g' )th elements ),
and ⊗ means the Kronecker product. With SVD, it yields that
where U is the unitary matrix containing the singular vectors and Λ is a diagonal matrix containing the singular values
on its diagonal. As a result, we can write ). )( )( (
Accordingly,
where Θ is a diagonal matrix with the (g(L+1)+l)th diagonal element
This motivates us to propose an approximated estimator based and low-rank method [6] .
where Θ ( , corresponding to Θ , is a diagonal matrix with the (g(L+1)+l)th diagonal element
The least significant values,
in the low-rank approximation.
Remark: In contrast to an MMSE estimator, the SVD in the low-rank approximation can be computed off-line, thus resulting in a lower complexity. This low-rank approach is called rank-κ approximation in [6] and [7] . The proper selection of κ is based on the error threshold, the relationship of A detailed explanation is given in [7] . The low-rank approximated scheme acts as a channel estimation enhancement, but it requires prior knowledge of noise variance, channel power, and Doppler spread. In a practical system, such knowledge has to be estimated; however, a detailed consideration of this is beyond the focus of this letter.
IV. Simulation Results
In our simulations, the entire system bandwidth, 10 MHz, is divided into K = 2048 subcarriers. The multipath channels satisfy the WSSUS assumption. Each path is simulated with a Jakes Doppler profile and an exponential delay profile. The channel power is selected as
(here, κ=(L+1)/log(2L+2) and L=7) and the carrier frequency is chosen as 4.5 GHz. Two cases of mobile speed are considered, namely, 72 km/h and 144 km/h, which give rise to Doppler spreads f d = 300 Hz and f d = 600 Hz, respectively. To perform the data detection, the known-training effects should be canceled first from the received signal in the time domain. Then, after converting to the frequency domain, a low complexity algorithm in [8] is adopted for data symbol detection.
The curves of averaged bit error rate (BER) performance against received signal to noise ratio (
are shown in Fig. 1 . As expected, the low-rank approximated channel estimator achieves better performance than the LS estimator for both Doppler spread cases (for the case of f d = 300 Hz, we set G=2 and determined the low-rank κ =2; for the case of f d = 600 Hz, we selected G=4 and the low-rank still as κ =2). For the purpose of comparison, we also simulated the MMSE interpolation-based frequency-multiplexing channel estimation scheme [1] , wherein 256 subcarriers are used for pilot tones. Our simulations demonstrate that both the proposed lowrank approximated scheme and the LS estimator outperform the approach of [1] for the two Doppler spread cases, respectively. Moreover, given the fact that 256 subcarriers are used for non-data transmission in the scheme of [1] , we can conclude that our proposed schemes provide not only better performance but also more favorable bandwidth efficiency in fast fading OFDM channels.
V. Conclusion
In this letter, a time-domain time-varying multipath channel estimation scheme was proposed for OFDM systems using superimposed training. The channel for one OFDM symbol period has been divided into several subchannels, and an LS estimator was developed according to each of the subchannels. We obtained optimal superimposed training sequences with respect to the channel estimate's MSE. In addition, a low complexity channel estimator was deduced with low-rank approximation techniques.
